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Small instruments for power system harmonic analysis would be .extremely helpful to 
field engineers in the utility industry. Most of the available instruments for analysis (e.g. 
[1]) either have very limited capability or are too bulky for convenient short-term tests. New 
developments in microprocessors, particularly high-speed digital signal processors, have 
changed the possibilities for hand-held instruments. This report describes a possible 
architecture for a new class of portable power system meter, based on DSP pro~ssing. The 
final device would resemble the unit described in [2], with much broader capabilities. 
System Overview 
In a hand-held system, it is important to minimize the number of connections and the 
sensor overhead. The proposed system has a precision 60 Hz reference clock. This provides 
a means to synchronize several independent voltage and current measurements. To provide 
complete three-phase system data, there could be as many as three voltage measurements 
(either across the lines or from each line to neutral), and three current measurements 
excluding the neutral. This system would prompt the user to make each measurement in 
turn, and then store the results in memory for processing. 
The processing technique samples each waveform, converts the results to digital form, 
and then uses fast Fourier transform (FFT) techniques to provide high-speed harmonic 
analysis. Post processing will give the user information, including: 
• Harmonic magnitudes for any voltage or current. 
• Total harmonic distortion (THD), computed either based on the fundamental or based 
on the total RMS value of any waveform. 
• Average (real) power in each phase, as well as total average power. 
• Peak current, voltage, and power. 
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• RMS current, voltage, apparent power, and reactive power. 
• Power factor and displacement power factor, for each phase or as a three-phase total. 
• Crest factors. 
• The K-factor current derating now coming into use in transformer evaluation. 
• Any similar information which can be obtained from instantaneous voltage and 
current data. 
The clock frequencies and architecture are chosen to maximize computing speed. 
The system samples voltage and current over a single cycle, but is fast enough to 
repeat the measurements several times each second. An internal anxi1iary processor can 
store computation results as they vary over time. The instrument can therefore provide 
limited line monitor functions, as well as its intended function as an harmonic analyzer.+-
Block Diagram 
A detailed block diairam of the proposed system is shown in Figure 1. 
The instrument is provided with two dividing voltage probes. A typical voltage 
conversion ratio of 100:1 would allow measurements at customer sites for voltages up to 
440 V 3~. A larger ratio would be needed for line-side distribution analysis. The ratio could 
be set by the user. Two probes are provided to allow fully differential input sensing. This 
facilitates line-to-line measurements. A suitable probe might be similar to the Tektronix 
model P6007, a 100:1 dividing probe with up to 1500 V input capability~ 
The current probe is a split current transformer, to allow clamp-on sensing. The 
Fluke model SOi-600 probe, for example, can accommodate up to 600 A on a single conductor 
up to 2" in diameter. It provides 1000:1 current division, and frequency response to at least 
10kHz. 
Outputs of the probes are filtered and clamped to avoid digital aliasing problems and 
to provide some protection to the electronics. The filtered signals are converted to digital 
form at a 61,440 Hz nominal clock rate (60 Hz x 1024 samples per cycle). The values are 
stored in memory. The measurement process is repeated until the user requests 
computation. 
The computation consists of several steps:: 
1. Compute true RMS values for each voltage and current, and store the peak values. 
2. Compute average power for each phase. 
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3. Compute output values based on P and S, including power factor. 
4. Perform FFT computations on each waveform. This process is most efficient if the 
number of samples is an integer power of 2. 
5. Scale the FFT results to produce harmonic spectra of the waveforms. 
6. Compute THD, K-factor, and other harmonic-related factors from the FFT data. 
A modem DSP processor, such as a low-performance model in the Texas Instruments 
TMS320C3x family, can compute an FFT from a 1024-point array of data in a few 
milliseconds. Thus, a complete computation cycle would require well under 100 ms. 
Output results would be displayed on a small LCD screen, similar to that in a 
Hewlett-Packard model 48 calculator. An appropriate screen would even permit the display 
of the actual waveforms. The 8096 microcontroller controls the display screen and gathers 
information from the user. This second processor could maintain longer-term results such 
as peak values as they vary over time, or the time evolution of specific harmonic components. 
Algorithm Summary 
Line-to-neutral (wye) connection 
Assume that there are six waveforms (3 for voltage, 3 for current) stored in digital 
memory. Each waveform consists of exactly N=1024 points, sampled at exactly 61,440 Hz. 
Furthermore, the beginning of each waveform was synchronized to the internal 60.000 Hz 
clock. First, take the case of three line-to-neutral voltages and three line currents: 
Nomenclature: 
Sample index: i (range is i = 1 to i = N). 
ith sample of voltage from phase a to neutral 
ith sample of voltage from phase a to phase b 
I.(i) ith sample of line a current 
p a real power in phase a 
F(n) nth Fourier harmonic coefficient, &n - jbn for any given 
signal 
F'(n) nth Fourier harmonic coefficient, normalized on either a 
per-unit base or on the fundamental component 
THD Total Harmonic Distortion, relative to either the 
fundamental or to the RMS value 
K K factor for transformer derating, per [5]. 
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RMS values are computed as a Riemann sum approximation to the true RMS integral. 
The accuracy of the results would be about ±0.1% given N = 1024 samples and a clock error 
of less than 0.01%. Line values can be computed given phase values. 
(1) 
N 
Line voltages: v ab(RMS) = !.E <V Clll(i) - vbll(i))2, etc. 
N i•l 
(2) 
Peak values can be tracked through a simple comparison between the most recent sample 
value and a stored maximum value. The peak value can be sent along to the 8096 for long-
term computations. 
Maxima: If v;i) > v.:a then v IDU = Jv;i) , etc. (3) 
Crest factor is simply the ratio of the peak value to the RMS value, and could be computed 
and displayed given the results of (1) and (3). · 
Real power is computed as a Riemann sum approximation to the average of the 
instantaneous power. This guarantees that true power will be computed by ·the system, 
whatever the harmonic content. 
(4) 
Peak instantaneous power can be found along the lines of(3) from the product term V an(la(iJ· 
Apparent power, S, is computed directly as the product ofRMS voltage and current. Notice 
that this gives a "true" S value, with harmonic effects included. 
(5) 
Reactive power can be described in different ways when harmonics are present. One widely 
used method is to define Q as the root-square-difference between S and P. The true power 
factor is simply the ratio PIS. Notice that when harmonics are present, the concept of "power 
factor angle" is not meaningful. 
p 
pf: pf = .2!. 
s~ 
(6) 
Once the initial instantaneous values are computed, they are available for display. 
The particular DSP selected for the system has full floating point capability. To maximize 
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dynamic range, it is useful to scale the data relative to the various peak values at this stage 
of the process. 
Harmonic analysis will require Fourier transform computations from the time data. 
The choice of a DSP makes this process relatively straightforward. An FFT is appropriate 
in this situation. A number of FFT algorithms have been published, and many are 
summarized in [3]. Assembly language codes for the TMS320C3x series are also available 
[ 4]. The alternative FFT form given by 
N 2 ·ID· 
F(ro) = .!Efii)e- .,.71, 
N i•l 
(7) 
will generate the firSt N/2 = 512 Fourier series coefficients. This form is especially useful 
because it generates coefficients directly in the form F(n) = an -ibn, from the general Fourier 
series 
-
fit) = a0 + E ancos(nrot) + bnsin(nrot) (8) 
n•l 
An algorithm which generates this form therefore provides immediate results for harmonic 
display. 
Assume that the FFT process has been performed along these lines, and is complete. 
The frrst 512 coefficients F(n) = E1n - jbn are stored for each waveform. For a 60 Hz waveform, 
this means that frequencies up to more than 30 kHz have been analyzed. Harmonic analysis 
can now proceed. The harmonic value is simply the magnitude I F(n) I for each coefficient. 
The normalization 
F'(n) = F(n) or F'(n) = F(n) 
IF(1)1 (per-unit base) (9) 
is suggested. Further computation gives the Total Harmonic Distortion index: 
N/2 N/2 
N/2 
EF(n)2 
'\ n•l 
EF(n)2 (10) EF<nY. THD: THD = -'-n~·2~~-
IF(1)1 alternate form: THD = 
Other harmonic indices such as Telephone Influence Factor (TIF) can be computed in similar 
fashion. The K-factor can be computed from normalized current components F' (since K is 
defined only for current and not for voltage), as 
N/2 
K = EF'(n)2n 2 (11) 
n•l 
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Phase information is also available as LF(n). In this case, the phase represents an absolute 
phase difference between the instrument's internal 60 Hz clock and the given waveform. To 
be consistent with traditional practice, phase angles would be recomputed relative to the 
angle on van• 
A sample set of algorithms, waveforms, and computations is attached. The set gives 
several simple single-phase waveforms, and proceeds through sampling, harmonic analysis, 
and computations such as THD and K. 
Line-to-line (delta) connection 
In the delta case, assume that the 3 voltages are V ab' V be' and V ea· The currents are 
still the line currents I., Ib, and Ic. As before, true RMS values are computed simply as a sum 
of the squared sample values, divided by the number of samples. The power would be 
computed strictly as three-phase power, based on the two wattmeter method: 
(12) 
Apparent power, S, would follow the real power computation. Remaining computations would 
follow the line-to-neutral procedures. 
Ill-defined connections 
Given the computational power of the proposed system, it would be possible to sort out 
various measurements from ill-defined data. For example, a given line-to-line voltage 
measurement must be one of V ab' V be, V ea' V ba' V cb, V ac· For realistic loading conditions, the 
phase angle between Van and I. falls into a relatively narrow range. The speed is fast enough 
so that exhaustive calculations could be performed and compared. The most plausible input 
data configuration could be inferred from the results. The small number of possible 
combinations means that sophisticated pattern recognition algorithms would not be 
necessary. 
For example, three voltages might be measured in tum by the user. If the sum of 
these three is zero, then a complete three-phase set has been measured. If they do not sum 
to zero, then each in turn should be subtracted to see if a simple polarity reversal has been 
made. If any two add or subtract to zero, then there is a duplicate measurement. All these 
possibilities can be checked with a small number of waveform computations. 
For harmonic analysis, the specific phase relationships are not necessarily important, 
since magnitudes are often of interest. When this is the case, the user could request a partial 
analysis. 
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Post processing and communications 
The two-processor arrangement has several special advantages for further processing, 
data display, and communications. For example, the 8096 microprocessor can provide the 
user with calculator features so that equipment ratings or other limits can be examined in 
light of the harmonic results. The 8096 can support long-term trend analysis or even a line 
monitoring mode without adding to the computational burden on the DSP. 
Conclusion 
A DSP-based instrument for power system harmonic analysis has been proposed. The 
instrument has only a few major components, and could be constructed in a calculator-style 
hand held package. The instrument could perhaps be built as an enhanced version of [2]. 
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APPENDIX 
Sample Waveform Processing Algorithms 
Performed on a PC with MathCad version 3.1 software 
Harmonic analysis of power waveforms, 12/92, P.T. Krein. 
A sample waveform, with harmonic content, is entered and tested with a fast Fourier 
transform. Some very basic sample waveforms: 
fl(t) :=cos(t+ -7t-) 
2.278 
f2(t) :=cos(t) + sin(2·t) + cos(3·t) + sin(5·t) 
O(t) :=cos{t+ ;o) f4(t) := fl(t) + f2(t) + f3(t) 
3 
8 3 5 
i gives the sampling sequence. t gives the sample times. Results demonstrat 
that sampling clock error is roughly tripled when the components are computed. 
Therefore, 0.1% accuracy requires clock precision of about 0.03°/o. 
The fft used is an alternate FFT transform, given by 
F(v)=1/n (Sum from i=1 ton) f(i) exp(-2j pi)iv/n. 
In many cases, a factor 1/sqrt(n) is used in place of the 1/n. A simple transformation 
can be used to convert the information. 
Since the FFT results are symmetrical, the actual harmonic components are simply 
double the FFT results. 
imax :=512 j :=o .. 8 <- So I can display just a few. 
i :=O .. imax- 1 i t. :=-·2·7t 
• imax 
. imax k.=0 .. -
2 
An example, based on the simple defined above. 
s1i :=fl (tJ s2i :=f2(tJ s3i :=f3.(tJ s4i :=f4(tJ 
The FFT produces half as many 
harmonic components as there 
are samples. The number of 
samples should be an integer 
power of 2 for fastest 
computations. 
/
1\ -~I ,__1/ 
ol;o~ 
1 
- 12;o- ~ ~ -
0 200 400 0 200 400 
~; oE\: Zj M; or;:z] 
0 200 400 0 200 400 
g1 := 2·FFI'(s1) g2 := 2·FFT(s2) g3 :=2·FFI'(s3) g4 :=2·FFI'(s4) 
The Fourier coefficients a-jb for the four waveforms (0 to 8th harmonic): 
81i ~ ~i ~ _.,~. __ _ 
0 0 0 0 
0.191 + 0.982i 1 0.988 + 0.156i 0.726 + 0.379i 
0 t-0.125i 0 -0.042i 
0 0.333 0 0.111 
0 0 0 0 
0 -0.2i 0 -0.067i 
0 0 0 0 
0 0 0 0 
0 0 0 0 
. 
Now, define several useful quantities from the data. In this case, waveform f2(t) will 
be used as the test case. First, magnitude and phase, based on the peak values. 
These are the coefficients of the Fourier series en cos(nwt-en). 
02t := ~~~ a02t :=arg(g2J· 180 
7t 
Total harmonic distortion (THO), based 
on the U.S. method, computes a ratio 
of undesired harmonic RMS values to 
the desired RMS fundamental value. 
L(o2J2- (o21)2 
k TIID := 1------
(021)2 
TIID =0.408 <--THO for waveform f2 
a02. 
I 
180 
0 
~90 
0 
7.318 
-90 
92.668 
-1.51 
~ 120.938 
( \ 180 arg g1j(-
7t 
0 
79.017 
66.472 
60.151 
81.016 
46.829 
119.853 
-71.117 
73.985 
Now, the K-factor for a current represented by f2(t). First, we need to compute a 
weighted per-unit current lh, which is the harmonic value (relative to the fundamental) 
divided by the harmonic distortion value sqrt(1 +thdA2). 
(
02t) 
021 
lhk : --;=::::=::::::::::::= ~(TIID2 + 1) 
The K factor is the square sum of the weighted per-unit · 
currents, multiplied by the square of the harmonic number. 
The idea is to obtain an estimate of the increase in core loss 
when harmonic currents flow. 
K := L (IbJ 2·k2 K =2.625 
k 
Let us use the current waveform in Figure 2.3 of the M.S. thesis by Mike Kim as the 
basis for~ second example. In this case, the volt~ge is represented by the function 
f1 (t), and the current is f5(t). 
cos(3·t) f5(t) :=cos(t) + + .479·cos(5·t) + .343·cos(7·t) + .022·cos(9·t) +- .305·cos( ll·t) ... 
8 
+ .188·cos( 13·t) +- .187·cos( 15·t) + .124·cos( 17·t) +- .095·cos( 19·t) + .12·cos(21·t) 
s5i :=f5(tJ 
g5 := 2·FFI'(s5) 
05t := ls5tl 
L(o5J2- (o51)2 
k TIID := r------
TIID =0.752 
200 400 
Power and power factor: 
P :=-
1
-·"' sl. ·s5. im.ax L.J I I 
i 
p =0.095 
,-----
v := -. 
1
-·"' (s1J 2 V =0.707 lDlax L.J 
i 
I:= -. 
1
-·"' (s5J 2 I =0.885 lDlax L.J 
i 
S :=V·I S =0.626 
pf : =~ pf =0.152 
s 
S1 :=~ 1851 1 S1 =0.5 
K =33.111 [2 [2 
1 :=o .. 3o dpf:=L dpf=0.191 
S1 
In summary, from the thesis by Kim, current waveform in Fig. 2.3 (p. 13), and 
assuming undistorted voltage, we have: 
Harmonic magnitudes and angles (I) 
mod(aG51 - av·l,360) 
180 
~ 79.017 
~31.235 
~237.05 
~ 105.117 
-35.083 
-26.564 
-193.117 
~249.844 
-351.15 
-49.26 
-329.183 
-63.029 
r307.217 
-30.925 
-285.25 
~358.308 
-263.284 
-355.207 
-241.317 
-304.331 
-219.35 
~305.347 
-8.603 
r 155.853 
-165.352 
-122.895 
r322.052 
-213.352 
r 123.696 
-108.085 
Power P=0.095 TIID =0.752 
s =0.626 K=33.111 
Power factor P/S pf =0.152 
Displacement power factor, P/S for 
fundamentaldpf = 0.191 
30 
